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[57] ABSTRACT 
The decoder of this invention decodes at least two 
channel signals in a directional information system 
where one or more input signals containing directional 
information have been encoded into the two or more 
channel signals. The decoder generates a ?rst control 
signal substantially proportional to the logarithm of the 
ratio of the amplitudes of two of the channel signals to 
detect, as between two of the channel signals, whether - 
the amplitude of one signal dominates that of the other. 
The decoder also generates a second control signal 
substantially proportional to the logarithm of the ratio 
of the amplitudes of the sum and the difference between 
two of the channel signals to detect the dominant signal 
in terms of amplitude. The decoder includes a matrix 
means responsive to the two or more channel signals 
and the two control signals for generating a number of 
output signals according to an algorithm. The control 
signals generated are used to steer the directional ‘infor 
mation systems in such manner through the matrix 
means that the directional effects of the output signals 
are enhanced. The matrix means generates three direc 
tional control signals from the two control signals. 

23 Claims, 10 Drawing Sheets 
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VARIABLE MATRIX DECODER WITH THREE 
OUTPUT CHANNELS 

RELATED APPLICATIONS 

This application is a continuation-in-part application 
of Ser. No. 06/708,982, ?led Mar. 7, 1985, now aban 
doned, Ser. No. 833,120, ?led Feb. 26, 1986, now U.S. 
Pat. No. 4,799,260 and Ser. No. 222,847, ?led July 22, 
1988. 

BACKGROUND OF THE INVENTION 

This invention relates to a directional information 
system where a number of input signals are encoded for 
recording or transmission on a medium into two or 
more channel signals and where the channel signals are 
decoded into a number of output signals corresponding 
to the directional information input signals. The de 
coder of this invention decodes the two or more chan 
nel signals so that directional effects are enhanced. _ 

In quadraphony the loudspeakers are spaced horizon 
tally around the listeners in four locations, to create an 
impression of the original program in full horizontal 
surround sound. In some quadraphonic systems the 
loudspeakers are placed at the four corners of the room. 
In other quadraphonic systems, such as those used in 
motion picture theaters, loudspeakers are not all placed 
at corners. Instead they may be placed at the left and 
right front corners of the theater, at the center of the 
front stage and dispersed around the back wall of the 
theater. The loudspeakers placed at the front left and 
right corners are still known as the left and right speak 
ers; the ones placed at the center of the front stage 
known as the center speakers; and those at the back wall 
as the surround speakers. In order for the recording 
played back through the loudspeakers to recreate a 
realistic impression of the original program, the record 
ing must contain directional information. In some quad 
raphonic systems four discrete input channels are actu 
ally recorded; this is known as the 4-4-4 format. The 
other general approach, termed 4-2-4, uses some kind of 
matrix encoding of the four audio input channels into 
two channels such as two conventional stereo-recorded 
channels, which'are decoded back to four audio output 
channels during playback. 

In the 4-2-4 sound systems, since the four directional 
audio input signals are transformed into two channel 
signals by the encoder, some directional information 
will be lost so that it is impossible for the decoder to 
reproduce signals perfectly identical to the original 
directional audio input signals. As a result, the cross 
talk between adjacent channels and the reproduced 
sound signal may greatly reduce the directional effect of 
the quadraphonic system. 
Numerous attempts have been made to enhance the 

directional effects of quadraphonic 4-2-4 systems. In 
one approach known as gain riding, the net sound level 
of each of the four loudspeakers is adjusted without 
adjusting the relative contributions of the two channel 
signals to reduce cross-talk. In another approach known 
as the variable matrix approach, the four output signals 
fed to the four loudspeakers are derived by certain 
mathematical computations performed on the two 
channel signals to vary the relative contributions of the 
two channel signals in order to reduce the effect of 
cross-talk. 

Ito et al., in U.S. Pat. No. 3,825,684, disclosed a vari 
able matrix decoder for enhancing the directional ef 
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2 
fects of a four channel playback system with loudspeak 
ers placed at the four corners of the room. The decoder 
has a control unit which detects the phase difference 
between the two channel signals and produces two 
control signals, one for controlling the separation of the 
two front outputs and the second control signal for 
controlling the separation of the two rear outputs. The 
two control signals are also used to control the level of 
the front output signals relative to the rear output sig 
nals. In reference to FIG. 10 of U.S. Pat. No. 3,825,684, 
for example, the separation between the two front out 
puts is controlled by the gain f applied by variable am 
pli?er 122 and appears to vary inversely with the mag 
nitude of the phase difference between the two channel 
signals L and R. The separation between the two rear 
outputs is controlled by the gain b of variable ampli?er 
127 and appears to vary directly with the magnitude of 
the phase between L and R. ' 

In U.S. Pat. No. 3,944,735, Willcocks discloses a 
directional enhancement system used together with. 
existing matrix decoders and for enhancing the direc 
tional effects of output signals from these decoders. It 
does not include a 2-4 matrix decoder as such. Instead 
the system modi?es the four output signals obtained 
from a preceding quadraphonic matrix decoder to en 
hance the directional content of the signals before pres 
enting them to the loudspeakers. The system comprises 
a detector which generates 6, 8 or 10 directional control 
signals by comparing envelopes of certain signals de 
rived by ?xed matrices from the channel signals. The 
detector generates these control signals using automatic 
gain control to avoid dependence on signal levels. Will 
cocks employs a processor which generates from the 
control signals the coef?cients of a modifying matrix, 
and employs a matrix modi?er which modi?es the four 
output signals of the preceding matrix decoder by the 
modifying matrix. 
None of the above directional enhancement systems 

for 4-2-4 quadraphonic decoders is entirely satisfactory. 
It is therefore desirable to provide systems with better 
directional enhancement capabilities and with simpler 
circuitry. 

SUMMARY OF THE INVENTION 

The'decoder of this invention decodes at least two 
channel signals in a directional information system 
where one or more input signals containing directional 
information have been encoded into the two or more 
channel signals. The decoder includes a ?rst means for 
generating at least a ?rst dominance signal indicative of 
the ratio of the amplitudes of a pair of the channel sig 
nals. In the preferred embodiment, the ?rst dominance 
signal is substantially proportional to the logarithm of 
the ratio of the amplitudes of a pair of the channel sig 
nals. The ?rst generating means of the decoder thus 
detects, as between the pair of channel signals, whether 
the amplitude of one signal dominates that of the other. 
The decoder also includes a second means for generat 
ing at least a second dominance signal indicative of the 
ratio of the amplitudes of the sum of and difference 
between the pair of channel signals. In the preferred 
embodiment, the second dominance signal is substan 
tially proportional to the logarithm of the ratio of the 
amplitudes of the sum and the difference between said 
pair of channel signals. The Second generating means 
detects, as between two signals, one being equal to the 
sum of the pair of channel signals and the other being 
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equal to the difference between them, whether the am 
plitude of one signal dominates the other. The decoder 
further includes a matrix means responsive to the two or 
more channel signals and the at least two dominance 
signals from the two generating means for generating a 
number of output signals. Thus, if the ?rst generating 
means or the second generating means detects the domi 
nance of one channel signal over another or the domi 
nance of the amplitude of the sum of these channel 
signals over their difference, or vice versa, the domi 
nance signals generated are used to steer the directional 
information systems in such manner through the matrix 
means that the directional effects of the output signals 
are enhanced. . 

By detecting the dominance between pairs of channel 
signals and between the sum of and the difference be 
tween the two signals in each of these pairs a ratios 
between their amplitudes, the detection capability of the 
decoder is not tied to a set reference level; hence, the 
decoder is capable of detecting the directional informa 
tion in the two or more channel signals as described 
above even at very low signal levels. By detecting the 
dominance between pairs of signals in the form of the 
logarithms of the amplitude ratios, such dominance can 
be conveniently expressed in decibels. The matrix 
means includes means for deriving three directional 
control signals EL, ER and EC. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a decoder system illus 
trating a four output channel decoder. 
FIG. 2A is a schematic view of the hypothetical 

positions of 4 speakers to illustrate the graphs in FIGS. 
28, 3 and 4. 
FIG. 2B is a graph showing four channel outputs as 

functions of the directional information in the two chan 
nel input signals. 
FIG. 3 is a graph showing the variation of the control 
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voltages as functions of the directional information of 40 
the channel signals. 
FIG. 4 is a graph showing the error angle between 

the perceived angle and direction of the channel outputs 
versus the encoded directions of the information. 
FIGS. 5A and 5B are respectively a block diagram 

and a schematic circuit diagram illustrating two alterna 
tive circuits for the providing the logarithm of the ratio 
of the amplitudes of two signals. 
FIG. 6 is a schematic circuit diagram of a threshold 

detection circuit for the decoder of FIG. 1 to illustrate 
a four output channel decoder. 
FIG. 7A is a schematic circuit diagram for a variable 

circuit suitable for use in the decoder of FIG. 1 to illus 
trate a four output channel decoder. 
FIG. 7B is a schematic circuit diagram of a speci?c 

implementation of the circuit of FIG. 7A. 
FIG. 7C is a schematic circuit diagram for a variable 

circuit suitable for use in the decoder of FIG. 1 to illus 
trate a four output channel decoder. 
FIG. 7D is a schematic circuit diagram of a speci?c 

implementation of the circuit of FIG. 7C. 
FIG. 8 is a block diagram of a matrix circuit suitable 

for use in a variable matrix decoder to illustrate an 
alternative embodiment of a four output channel de 
coden 
FIG. 9 is a block diagram of a split band variable 

matrix decoder to illustrate another aspect of a four 
output channel decoder. 
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4 
FIG. 10 is a more detailed block diagram of a split 

band variable matrix decoder illustrating one implemen 
tation of the decoder of FIG. 9, and illustrating yet 
another aspect of a four output channel decoder. 
FIG. 11 is a block diagram of a decoder system with 

three output channels to illustrate the invention. 
FIG. 12 is a block diagram of a decoder system with 

four channel outputs where one ofthe four output chan 
nels can be switched between on and off to illustrate the 
invention. 

FIG. 13 is a block diagram of a matrix circuit suitable 
for use in a variable matrix decoder to illustrate an 
alternative embodiment of the invention. 
FIG. 14 is a block diagram of a variable matrix de 

coder to illustrate a second alternative embodiment of 
the invention. 
FIG. 15 is a block diagram of a variable matrix de 

coder to illustrate another aspect of the invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENT 

This invention is directed towards variable matrix 
decoders having three output channels and decoders 
which can provide three or four output channels. The 
decoder of this invention bears certain similarities to the 
four output channel decoder of parent applications Ser. 
No. 06/708,982, ?led Mar. 7, 1985, now abandoned, 
Ser. No. 833,l20, ?led Feb. 26, 1986, now US. Pat. No. 
4,799,260 and Ser. No. 222,847, ?led July 22, l988. The 
description of the four output channel decoder in the 
parent applications is set forth below to assist the illus 
tration of the invention. 
FIG. 1 is a block diagram of a variable matrix de 

coder for enhancing the directional effects of the de 
coded signals to illustrate the invention. As shown in 
FIG. 1, the decoder 10 comprises buffers 12, 14, sum 
mers 16, 18 and differential logarithmic converters 22 
and 24. The two signals LT and R7 are two channel 
signals derived in an encoder (not shown) from four 
signals in such manner that the two channel Signals 
contain directional information related to the directions 
of the four input signals. The preferred embodiment 
described herein responds best where four input signals, 
L, C, R, and S have been encoded such that L signals 
are carried by LT, R signals by RT, LT+ RT signals by 
in-phase components in Lrand RT, and LT—R7-signals 
by out-of-phase components in Lrand RT. For conve~ 
nience in discussion, LT+RT signals are referred to 
below as P signals, and LT—RTsignals as M signals. 
As shown in FIG. 1, the two channel signals are 

applied through buffers 12, 14, band pass ?lters 15 and 
then applied to differential logarithmic converter 22 (in 
which the ?ltered signals are recti?ed by recti?ers 102. 
104 as shown in FIGS. 5A, 5B). A small fraction k of 
the magnitude of signal Lris added to the magnitude of 
RT, and a small fraction k of the magnitude of signal R7 
is added to the magnitude of LT. The value of DLR is 
computed according to the expression in block 22. The 
reason for intentionally introducing small crosstalk sig 
nals will become clear below. 

After ?ltering, the channel signals are also applied to 
summers 16, 18 where summer 16 provides an output P 
equal to the sum of the two channel signals, and where 
summer 18 provides an output M equal to the difference 
between the two channel signals and then applied to the 
logarithmic converter 24. A small fraction k of the 
magnitude of signal M is added to the magnitude of P 
and a small fraction k of the magnitude of signal P is 
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added to the magnitude of M. The value of Des is then 
computed according to the expression in block 24. 

Converters 22 and 24 provide outputs D LR and Dcg 
respectively. For the purpose of discussion, the small 
crosstalk signals introduced are ignored for now. Thus, 
the output signal D L R is the logarithm to base a, a being 
a constant, of the ratio of the amplitudes of LTto Rrand 
Dc5 being equal to the logarithm to base a of the ratio 
between the amplitude difference M. The signals DLR 
and Dc5 measure in terms of amplitudes the dominance 
between LT and Ry-and between their sum and differ 
ence, and are referred to below as the dominance sig 
nals. - 

When one of the signals RT, M becomes very small, 
one or more of the dominance signals, being logarithmic 
ratios with Rrand M in the denominators, may theoreti 
cally become very large. As a practical matter, how 
ever, noise is present in most decoder media. Such noise 
is added to the signals RT, M in the denominators of the 
ratios to determine the dominance signals D L R, D65. In 
other words, the noise present in the decoder system 
determines the directional steering characteristics of the 
decoder. Since such noise may be random, the steering 
characteristics become controlled by random factors 
which is undesirable. The same is true if the signals LT, 
P are very small. To avoid such undesirable random 
steering, small crosstalk signals are purposely intro 
duced. Hence, when LT, RT, P or M is small, the corre 
sponding dominance signal is close to the ratio ilogak. 
A value of k of about 0.1 may be satisfactory. 
. Resistor 42, capacitor 44 form a delay or averaging 
circuit for signal D L R; resistor 46 and capacitor 48 form 
a delay or averaging circuit for signal Dc5. The two 
delay circuits are switched on or off by switches 52, 54 
which are controlled by a threshold detection circuit 
56. The functions of these delay circuits, switches and 
threshold circuit will be described below after the oper 
at'ion of decoder 10 has been described. Resistor 62 and 
capacitor 64 form a smoothing circuit for signal DLR; 
resistor 66 and capacitor 68 form a smoothing circuit for 
signal Dcs. In one embodiment the two smoothing 
circuits each has a time constant of about 20 millisec 
onds. 

After being smoothed by the smoothing circuit, DLR 
is applied to two half-wave recti?ers 82, 84~with oppo 
site polarities. Thus, if LT has a larger amplitude than 
R7, the signal DLR is blocked by recti?er 84 but is 
passed by recti?er 82. The signal passed by recti?er 82 
is further inverted by invertor 89 to give the signal EL. 
Conversely if RT has a larger amplitude than LT, the 
signal D L R is passed by recti?er 84 but blocked by recti 
?er 82. In such manner recti?ers 82 and 84 provide two 
directional control signals EL and ER which is the in 
verted value of the dominance signal DLR when it is 
positive and its value when it is negative respectively. 
By inverting the output of recti?er 82 when the value of 
DLR is positive, both control signals EL, ER are nega 
tive signals. In a similar manner half-wave recti?ers 86, 
88 of opposite polarities and invertor 89 connected to» 
recti?er 86 provide negative directional control signals 
EC and E5 from the dominance signal D55 after it is 
smoothed, where E5 is the value of D55 when it .is nega 
tive and EC the inverted value of Dcs when it is posi 
tive. 
To recapitulate, the dominance signals DLR and D65 

and the directional control signals EL, EC, ER and E5 
are as follows: 
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lLrl + kiRTl 

where P=LT+RT, M=LT—RT. 
and k is a constant much smaller than 1, where _a is a 

constant. 

0; DLR < 0 

O, DLR Z O 

DLR; DLR < 0 

EL = [ 

ER = { 

{ —Dcs Dcs Z 0 } 
EC = 

0: D55 < 0 

[a lacs 2 o 1 E5 = 
Dcs; Dcs < 0 

The algorithm for deriving the four outputs L’, R’, C’ 
and S’ from the directional control signals EL, EC, ER, 
E5 and the two channel signals will now be described. 
Each of the two signals RTand LTIS multiplied by a ?rst 
constant raised to the power equal to a second constant 
b times one of the control signals EL, ER, E5 or E5. The 
?rst constant may be conveniently chosen to be a, the 
base of the logarithmic converters 22, 24, it being under 
stood that other constants may be chosen instead. The 
exponential terms (scaler) in the multiplications may be 
de?ned as follows: 

FL=aLbE; 
FR =aRbE; 

F5=a511E. 
The control signals EL, ER, EC, E5 may be referred to 
collectively as the signals and the exponential terms 
FL, FR, Fc, F5 the F terms. 
A vector V is de?ned by a l by 5 matrix [1 FL Fc FR 

F5]. Then the output L’ is given by the equation: 

where GL is a 5 by 2 matrix. Similarly, the output C’, R’ 
and S' are determined by the following equations: 

(1) 

(2) 

(3) 
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-continued 

The matrices GL, GR, G5, G5 are referred to below 
collectively as the G matrices. 
FIG. 8 is a block diagram of a matrix circuit 300 for 

a decoder illustrating an alternative embodiment of the 
invention which is a direct implementation of the matrix 
equations above. While the matrix circuit 300 of FIG. 8 
illustrates more clearly the operation of the invention in 
the form of the above matrix equations, it is not as ad 
vantageous as matrix circuit 100 of FIG. 1 for reasons to 
be described below. As shown in FIG. 8 and in refer 
ence to FIG. 1, the 4 directional control signals EL, EC, 
ER, E5 from the recti?ers 82-88 are applied respectively 
to ampli?er circuits 302, 304, 306, 308, where they are 
each ampli?ed by a constant b and then applied to four 
exponentiation circuits 312, 314, 316, 318 where they 
are exponentiated to base a which may conveniently be 
the same base as logarithmic converters 22, 24. Thus the 
exponentiation circuits 312-318 supply outputs FL, FC, 
FR, F5 to a matrix multiplier circuit 320 which performs 
the V><G parts of the four matrix multiplications of 
equations (l)-(4). Circuit 320 supplies output signals 
determining the proportions of the channel signals to be 
applied to the 4 outputs. These signals are applied to 
eight four-quadrant multipliers where they are multi 
plied by LT, Rrto give the 4 outputs L’, C’, R’, S’. 
From the above description, it will be evident that 

circuit 300 follows closely the matrix equations (l)—(4) 
for the four outputs. Compared to the matrix circuit 100 
of FIG. 1 described below, however, circuit 300 is not 
as advantageous since it includes four-quadrant multi 
pliers, which are complex and expensive. The multipli 
ers 71-78 of FIG. 1 need only be two-quadrant multipli 
ers. 

The results of matrix multiplications in the above 
decoding equations (1)-(4) are also obtained by the 
decoder system 10 of FIG. 1. Instead of having to use 
four separate exponentiators 312-318 and eight multipli 
ers, it is now possible to combine the two functions. By 
using multipliers, or voltage controlled ampli?ers, 
whose gain is proportional to the exponent of an applied 
control voltage, this exponentiation is performed in the 
same element that performs the multiplication. One 
such exponentially responsive voltage controlled ampli 
?er is Phillips number TDAlO74-A. 

In reference to FIG. 1, the matrix circuit 100 includes 
eight multiplier circuits, 71-78, each having two inputs. 
Channel signal LTis applied to multipliers 71-74, and 
the channel signal Rrto the inputs of multipliers 75-78. 
The directional control signals EC, E5 are then applied 
to the remaining inputs of multipliers 74, 78 and 72, 76, 
respectively. The directional control signals E[_, E1; are 
also supplied to the remaining inputs of multipliers 71, 
75 and 73, 77 respectively. Multipliers 71, 72, 73, 74 
multiply LTby signals (FL, FR, F5, F5) which are expo 
nential functions of the directional control signals EL, 
ER, E5, E5 in the manner described above to provide 
four product signals to output matrix circuit 90. Multi 
pliers 75, 76, 77, 78 multiply RTby signals (FL, FR, FC, 
F5) which are exponential functions of the four direc 
tional control signals EL, ER, EC, E5 in the manner 
described above to provide four additional product 
signals to output matrix circuit 90. The two channel 
signals LT and Rrare also applied to circuit 90. Matrix 

(4) 
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8 
circuit 90 then provides a weighted sum of the ten sig 
nals to provide four outputs L’, C’, R’, S’ which are then 
the output signals of decoder 10. These four outputs are 
the same as those of decoder 300 of FIG. 8. 

In the above matrix equations (l)-(4), the matrix V 
provides directional information derived from the two 
channel signals LT, Rrin the manner described above. 
The four matrices GL, GR, G5, G5 de?ne how this 
information is used to enhance the directional proper 
ties of the output signals. Since some of the directional 
information has been lost during the encoding process, 
the directional information contained in LT, RT, and in 
the matrix V is inadequate to completely de?ne the 
directional properties of the outputs L’, R’, C’, S’. Thus 
given the same directional information provided by 
matrix V, the four outputs can take on a range of values. 
The G matrices restrict each output to only one value 
corresponding to a given value for each of the compo 
nents of the matrix V; the G matrices further de?ne and 
steer the directional sound effects of the four outputs. 
From the above, it will be evident that further condi~ 

tions must be set to completely de?ne the values of the 
four outputs given certain directional information pro 
vided by matrix V. These conditions may be set by 
specifying the proportions of Lrand Rrpresent at each 
of the four outputs at particular values of LT, RT, P or 
LT+RT, and M or LT—RT. These conditions will de 
termine the coef?cients of the G matrices so that the 
above four matrix equations employing such G matrices 
will provide the desired proportions of L7, R7 at the 
outputs at the particular values of LT, RT, P, M. In the 
preferred embodiment, these conditions are set by 
means of the following matrix equations: 

where Q is a 5X5 matrix and HL, HR, H5, H5 are 5X2 
matrices. Matrices HL, HR, Hc, H5 are collectively 
referred to below as the H matrices. 
The following are a set ofH matrices which give the 

proportions of L7 and RTin the four output channels 
corresponding to ?ve sets of values for L7, RT, P, M: 
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-continued 

l 

The ?ve sets of values for LT, RT, P, M are as follows: 
1. The magnitudes of LTancl RTare equal and so are 

those of P, M. Hence FL=FR=FC=FS= 1. The V 
matrix is [l l l l 1]. This is known as the unsteered 
condition since V contains no directional steering infor 
mation. 

2. Lris non-zero and RTis zero, and P, M have equal 
amplitudes. The may be called steering to the left. The 
V matrix is [l 0 1 l l]. 

3. P is non-zero and M is zero. LT, R7- have equal 
amplitudes. The matrix V is [l l O l 1]. 

4. . RTis non-zero and Lris zero and P and M have 
equal amplitudes. This may be called steering to the 
right. The V matrix is [l l l 0 l]. 

5. M is non-zero but P is zero. LTand RThave equal 
amplitudes. The matrix V is [1 1 l l O]. 
The Q matrix is formed by arranging the above ?ve V 

matrices placed one on top of the other, or as follows:_ 

15 

20 

25 

40 

45 

50 

55 

10 
Then, GL may be obtained from the equation 
Q><GL=H1_, where the coef?cients of H[_ take on the 
values listed above. Thus the ?rst row of HL are the 

proportions of LTand R7- present in the L’ output dur 
ing the unsteered condition, or L’: l/ZL 7+ OR 7-, giv 
ing L'=LT/2. The second row of HL are the propor 
tions of LT, Rrin the L’ output during condition'2 
above, so that L’: lLT+ORT=LT. The third to_ ?fth 
rows of HL are the proportions of LT, Ry-present in the 
L’ output during conditions 3, 4. 5 listed above respec 
tively. The other three matrices Hc, HR, H5 give the 
proportions of L7, RT present in the C’, R’, S’ outputs 
during the ?ve conditions above in substantially the 
same manner as HT just described. 

Solving for G using the above values for Q and H, the 
coef?cients of G may be obtained and are set forth 

below: 

0.273 0 l ' 0.193 0.193 ‘ 

~0293 0 0.5 _0.077 

Q = 0.299 0408 cc = _0.2o7 -0.207 

0.130 0 ' -0.077 0.5 

_ 0.299 _0.40s _ 0.092 0.092 _ 

' 0 0.273 ‘ 0.193 —0.193‘ 

0 0.130 0.5 0.077 

GR = 0.408 0.299 as = 0.092 -0.092 

0 _0.293 -0.077 _0.s 

_ _0.402; 0.299 _ _ _0.207 0.207 _ 

With the above set of G matrices, the matrix equations 
(l)-(4) will enhance the directional properties of the 
four output signals in accordance with the directional 
information provided by LT, RT. From the above, it 
will be noted that there are two constants a and b in the 

matrix equations (l)—(4) . The constant a, however, will 
disappear from the equations since the exponentiation 
by the eight multipliers will cancel the logarithmic 
conversion of converters 22, 24. The constant b depends 
on the gains in the various stages of the control circuit 
in ‘the decoder. For the above set of values of GX, the 
directional properties of the outputs may be optimized 
when b is approximately 0.839. Obviously, the optimum 
value of b will change with the values for the H matri 
ces. 

An alternative set of H matrices, ay be used instead 
and are as follows: 
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If the above set of H matrices is used to decode the two 
channel signals, the constant b preferably is about 1.303. 

Panning angles are used to represent apparent sound 
locations within a hypothetical listening area bounded 
by a circle with the four hypothetical loudspeaker posi 
tions as shown in FIG. 2A. The left loudspeaker is 
assigned the position 0 degrees, the center 90, the right 
I80, and the surround 270. Thus a sound source panned 
from 0 to 180 degrees would appear to start at the left 
loudspeaker, progress clockwise around the circle 
towards the center, and continue to the right. When a 
sound source is panned from left to center, for example, 
it is desirable that the outputs from the right and sur 
round loudspeakers remain at very low levels so as not 
to interfere with the sound localization. The above set 
of values for b and G results in very low crosstalk lev 
els. This can be seen, for example, from FIG. 2B, which 
shows that crosstalk from speakers not involved in a 
pan has a maximum amplitude of about —35 dB. FIG. 3 
shows values of control signals FL, Fc, and FR at pan 
ning angles from 0 to 180 degrees. FIG. 4 shows that the 
decoded angle error, which is the angular error be 
tween the encoded angle of the sound versus the per 
ceived angle of the decoded sound, isvonly about 2.5 
degrees out of a range of l80 degrees. 
The functions of the two averaging circuits compris 

ing resistor 42, capacitor 44 and resistor 46, capacitor 48 
and the two switches 52, 54 will now be described. The 
two signals DLR, Dcs indicating dominance informa 
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tion are supplied to threshold detection circuit 56. If the 
two dominance signals are detected to be both below a 
certain set threshold, this means that no dominance 
signals have been detected, indicating no directional 
information is available from the two channel signals. In 
such circumstances it may be desirable to maintain the 
direction steering applied during a previous time per 
iod. Thus, when circuit 56 detects the condition that all 
dominance signals are below the threshold, it causes 
switches 52 and 54 to switch from position 94 to posi 
tion 96 to include the two delay circuits. The outputs L‘, 
C’, R’ and S’ are therefore maintained at their present 
level for a time period determined by the time constants 
of the two averaging circuits. 
FIGS. 5A and 5B are two alternative circuits for each 

of the differential logarithmic converters 22, 24. As 
shown in FIG. 5A, the two input signals (either LT, RT 
or P and M) are recti?ed by full-wave recti?ers 102, 
104. Small fractions k of the recti?ed signals are added 
as crosstalk signals by means of attenuators 130 and 
summers 132, and the resulting signals are then supplied 
to two logarithmic circuits 106, 108 whose outputs are 
applied to a summer 110 which provides the difference 
between the outputs of circuits 106 and 108. FIG. 5B is 
a schematic circuit diagram ofa differential logarithmic 
converter to illustrate the preferred embodiment of 
converters 22, 24. The pair of signals (LT, Rror P, M) 
are recti?ed by recti?ers 102, 104. Small fractions k of 
the recti?ed signals are then added and the summed 
signals applied to the emitters of two bipolar transistors 
112 and 114. respectively. The emitters of transistors 
112 and 114 are also connected to the positive and nega 
tive inputs respectively of an operational ampli?er. 116, 
whose output is connected to the base of transistor 114 
through a resistor 122 with resistor 124 from the base of 
transistor 114 to a ?xed reference voltage. forming an 
attenuator. The base of transistor 112v is connected to 
substantially the same ?xed reference voltage. 

Operational ampli?er 116 will attempt to keep the 
emitters of transistors 112 and 114 at the same voltage. 
For simplicity, the crosstalk fractions introduced will 
be omitted in the discussion below in reference to FIG. 
5B. Since transistors 112 and 114 are chosen to be identi 
cal, when the magnitudes of Ly-and RTare equal, the 
output voltage at node 120 is substantially equal to the 
reference voltage. If the magnitudes of Lrand Rrare 
such that the current drawn through transistor 112 and 
recti?er 102 increases, the voltage at the emitter of 
transistor 112 will become more negative. Operational 
ampli?er 116 will cause the emitter of transistor 114 to 
match that oftransistor 112 by decreasing the voltage at 
the base of transistor 114. The output voltage of the 
converter at node 120 therefore decreases with respect 
to the reference voltage at the base of transistor 112, 
114. On the other hand, if the magnitude ofRrincreases 
relative to that of LTso that the current drawn through 
transistor 114 increases, this Causes the voltage differ 
ence between the base and emitter of transistor 114 to 
increase. The voltage at the emitter of transistor 112 
remains unchanged. Operational ampli?er 116 causes 
the emitter of transistor 114 to match that of transistor 
112 so that the voltage at the emitter of transistor 1141 
also remains unchanged. Therefore, when the collector 
current through transistor 114 increases, the output 
voltage at node 120 increases in order to cause the volt 
age at the base of transistor 114 to rise. The output 
voltage at 120 varies as the logarithm of the collector 
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emitter current through transistor 114. Therefore, the 
output voltage at node 120 is proportional to the loga 
rithm of the ratio of the amplitudes of LT and RT. 
FIG. 6 is a schematic circuit diagram of the threshold 

detection circuit 56 of FIG. 1. As shown in FIG. 6, 
node 150 is maintained at a reference voltage equal to 
that of FIG. 5B by an external source (not shown). In 
the discussion below in reference to FIG. 6, voltages 
greater than that at node 150 are de?ned as positive 
voltages and those less than it negative voltages. By 
means of diodes 152, 154 and resistors 156, 158, 162, 164 
and DC voltage supply 166, node 170 is maintained at a 
?xed small positive voltage above the reference voltage 
at 150, and node 172 is maintained at a ?xed small nega 
tive voltage below that of reference voltage at node 
150. The voltages at nodes 170, 172 set the threshold 
voltages for circuit 56. The signal DLR is applied to the 
negative and positive inputs respectively of compara 
tors 174, 176. The positive input of comparator 174 is 
connected to node 170, and the negative input of com 

- parator 176 is connected to node 172. Therefore, if the_ 
signal DLR is positive and greater than that at node 170, 
comparator 174 causes its output to be pulled low. Simi 
larly, if the signal DLR is negative and less than that at 
node 172, comparator 176 also causes its output to be 
pulled low. The outputs of the comparators 174 and 176 
are connected together. Another similar circuit may be 

- used to detect whether the signal DCS is below certain 
?xed thresholds. When signal D55 is above the thresh 
olds set in such circuit, the outputsof comparator 178, 
180 are pulled low. The four comparator 174, 176, 178 
and 180 are all connected at the outputs so that if the 
dominance signals DLR, DCS exceed any one of the 
thresholds set, indicating the presence of dominance 
information, this causes one of the comparator outputs 
to be pulled low, so that switches 52, 54 are in position 
94. Thus, whenever dominance information is present, 
both delay circuits are switched out of the signal path. 
When no dominance information is present so that the 
dominance signals are within the thresholds set by the 
circuit of FIG. 6, none of the outputs of the compara 
tors 174, 176, 178, 180 is pulled low. Thus a high signal 
is sent to switches 52, 54 causing them to switch to 
position 96, thereby switching in the two delay circuits 
to hold the previously existing directional pattern. 

Instead of using an on-off approach to averaging as 
described above, an averaging circuit with a variable 
time constant varying with the degree of dominance 
information may be used. FIGS. 7A, 7B illustrate this 
approach. As shown in FIG. 7A, dominance signal 
D LR is recti?ed by recti?er 202 and ampli?ed by ampli 

‘ ?er 204. The recti?ed and ampli?ed signal is added to a 
similar signal derived from Dcs and then used to change 
both variable resistances 206 and 207 to vary the aver 
aging time constants introduced; the time constants 
should be inversely related to the sum of the magnitudes 
of signals D LR and Des. The components 42, 44, 46, 48, 
52, 54, 56, 62, 64, 66, 68 in FIG. 1 may be replaced by 
the circuit of FIG. 7A, where the output 230 is applied 
to recti?ers 82, 84 and the output 232 to recti?ers 86, 88.‘ 
FIG. 7B is a speci?c implementation of the variable 

resistances in the averaging circuit of FIG. 7A, where 
identical parts are labeled by the same numerals. The 
variable resistances 206 and 207 can. be realized as 
shown in FIG. 7B using an operational transconduct 
ance ampli?er, such as the RCA part number CA3080. 
The positive input of this ampli?er is connected to ei 
ther DLR or D55, and the negative input is connected to 
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the junction of two resistors, 208 and 210. Such a circuit 
has a maximum resistance equal to the sum of the two 
resistors, and a minimum resistance determined by the 
maximum gain of the ampli?er. A proportion of the 
voltage difference between the positive input and the 
output is ampli?ed by the ampli?er 212 and presented to 
the load, in this case capacitor 216, as a current. Increas 
ing the ampli?er’s transconductance increases the 
amount of current applied to the load for a given_volt 
age differential between nodes 220 and 222, reducing 
the effective resistance driving the load. 
FIG. 7C illustrates the preferred embodiment for 

varying the averaging time with the magnitude of domi 
nance signals. When the components 42-68 enumerated 
above are replaced by the circuit of FIG. 7C, FIG. 1 is 
then the preferred embodiment of the variable matrix 
decoder of this application. The averaging circuit of 
FIG. 7C is somewhat similar to that in FIG. 7A so that 
identical parts are referred to by the same numerals in 
both ?gures. As in FIG. 7A, the two dominance signals 
are recti?ed and ampli?ed and then added to form a 
control signal at node 218 for controlling the resistance 
of two variable resistors 250. Instead of being connected 
to a simple capacitor as in FIG. 7A, the variable resis 
tors in FIG. 7C are each connected to two capacitors 
254, 258 and to two resistors 256, 260. Resistor 260 is 
also connected to input DLR or DC5. Since the two 
paths for averaging the two dominance signals are iden 
tical, discussion of only one, that for DLR, is adequate. 
When there is directional information present in the 

channel signals, the control signal at node 218 will have . 
signi?cant amplitude. This reduces the resistance of 
variable resistors 250 and causes capacitor 254 to be 
charged. Capacitor 254 has a relatively small capaci 
tance so that its voltage responds quickly to the domi 
nance signal; such voltage is passed by buffer 252 to be 
recti?ed by recti?ers 82, 84 and then to the matrix cir 
cuit 100 as described above in reference to FIG. 1. 
While capacitor 254 is being charged, capacitor 258 is 
also being charged through a ?rst path comprising resis 
tors 250, 256 and a second path through resistor 260. 
Capacitor 258, however, has a large capacitance so that 
the voltage thereon indicates an average value of the 
dominance signal. When there is little or no dominance 
information present in the channels, the control signal at 
node 218 drops to zero or near zero. This causes the 
resistances of variable resistors 250 to increase to a large 
value so that they essentially represent open circuits. 
Capacitor 254 discharges quickly through resistor 256 
so that the outputs 230, 232 are the voltages across 
capacitors 258 in both branches of the circuit in FIG. 
7C. 
When there is little or no dominance information the 

dominance signal DLR is essentially zero or near zero. 
Hence, capacitor 258 will discharge through resistors 
260 so that if the channels contain no directional infor 
mation for a long enough time, capacitors 258 will be 
completely discharged, causing decoder 10 to return to 
an essentially unsteered condition. 
FIG. 7D is an implementation to variable resistors 

250 using a transconductance ampli?er 264. Identical 
components in FIGS. 7C, 7D are labeled with the same 
numerals. The output of buffer 252 is fed back to the 
inverting input of the transconductance ampli?er so 
that the ampli?er becomes a variable resistor whose 
resistance varies inversely with a control signal applied 
at node 218. 
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In the description above, only two channel signals are 
recorded and decoded. It will be understood that if 
more than two channel signals are recorded, the inven 
tion will function in the same manner to enhance direc 
tionality. Where more than two channel signals are 
recorded, the signals may be grouped in pairs and each 
pair treated in the same manner as LT, R7- described 
above. 

In the above discussion the four outputs L’, R’, C’, 
and S’ are applied to loudspeakers placed for motion 
picture theater applications as described in the back 
ground. This invention may also be‘used in the home for 
providing four-channel playback of suitably encoded 
recordings, including motion pictures on video cassettes 
or video disks or other consumer media. By choosing an 
appropriate set of G matrices, it is also possible to con 
?gure the decoder to provide signals to drive loud 
speakers placed at the corners of a room. All such con 
?gurations are within the scope of this invention. 
FIG. 9 is a block diagram of a split band variable 

matrix decoder system illustrating the invention. As 
shown in FIG. 9 system 400 comprises two decoders 
402, 404 each of which may be constructed as described 
above in reference to FIG. 1 but as modi?ed by FIG. 
7C as described above. The two channel signals LT, R7 
are each passed through crossover ?lters 406 and 408. 
The two crossover ?lters preferably have the same 
crossover frequency. The frequency components of L7, 
RT above the crossover frequency are fed to decoder 
402 for deriving the high frequency components of the 
outputs L’, C’, R’, S’. The low frequency components of 
LT, RT, that is components having frequencies below 
the crossover frequency, are fed to decoder 404 for 
deriving the low frequency components of the output. 
Summer 412 then adds the high and low frequency 
components of L’ to give the output L’. Similarly, sum 
mers 414418 each adds the corresponding high and 
low frequency components to give outputs C’, R’, S’. 

In applications such as in motion picture theaters, it 
may be desirable to enhance only the directionality of 
only the speech signals from actors, not music or other 
background sound. Speech signals are typically in the 
lower frequency range and are generally destined for 
the center loudspeaker. Thus, it may be desirable to 
choose the crossover frequency of the two ?lters so that 
the signals destined for the center loudspeaker are de 
coded only by decoder 404 and not by decoder 402. 
Thus, the speech signals and background signals in the 
frequency range of the speech signals are processed 
entirely by decoder 404 to enhance the directional ef 
fects of the speech signals, without at the same time 
erroneously steering the high frequency background 
signals. This creates a more realistic impression of the 
original program in which the speech signals are origi 
nally from the front stage whereas background sounds 
originate from many directions. 
The crossover frequency or frequencies of the two 

?lters, 406, 408 may be changed depending on the domi 
nance conditions in LT, RT. One desirable result of 
system 400 is that the common crossover frequency of 
the two ?lters is at the top end of the frequency band of 
signals destined for the center loudspeaker. Thus, the 
two channel signals are fed to a detector 420 for detect 
ing the frequency band of signals destined for the center 
loudspeaker. Detector 420 then provides a control sig 
nal applied to the two ?lters for sliding the crossover 
frequency in such manner that the crossover frequency 
coincides substantially with the top end of thefre 
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quency band of signals destined'for the center loud 
speaker at all times. 
One particular implementation of the circuit of FIG. 

9 is based on the realization that if the crossover fre 
quency of the two ?lters is moved so that the domi 
nance signal D65 derived in a manner described above 
from the low frequency portions of L7, Rrbears a large 
constant ratio (e.g. 10:1) to the dominance signal D55 
derived from the high frequency portions of these chan 
nel signals, then, most of the signal components in 
tended for the center loudspeaker are in the low fre 
quency regions below the crossover frequency. In such 
circumstances, the crossover frequency coincides ap 
proximately with the top end of the frequency band 
destined for the center loudspeaker. 

Since the signals indicating the dominance of the 
center or surround channels, D55, for both the low and 
high frequency portions of the channel signals are al 
ready available from decoders 402 and 404, system 400 
of FIG. 9 can be simply implemented by taking advan 
tage of the signals already available from the decoders, 
as implemented in FIG. 10. Thus, the dominance signal 
indicating the dominance, if any, of the high frequency 
portions of the center and surround channels, indicated 
as DHPCS is provided by decoder 402. The correspond 
ing dominance signal for the low frequency portion, 
DLPCS is provided by decoder 404. The dominance 
signal DLPCS is attenuated by attenuator 432 and then 
subtracted from the dominance signal DHpCS. The dif 
ference is then applied to a voltage Controlled ampli?er 
436. The dominance signal DLPCS is passed through a 
half-wave recti?er and ?lter circuit 434 so that the gain 
of ampli?er 436 is controlled by the presence of center 
dominance in DLPCS. The output of the ampli?er 436 is 
added to a constant Voltage Vset and then applied to 
the two ?lters 406, 408 for sliding the crossover fre— 
quency. _ 

When the frequency range of signals destined for the 
center channel changes, causing the values of the two 
dominance signals DHPCS and DLPCS to change, this 
changes the value of the control signal applied to the 
?lters 406, 408. The crossover frequency of the two 
?lters are then caused to change, which in turn changes 
the values of the two dominance signals to maintain a 
constant ratio between the two signals. A ratio of 
DLPCS to DHPCS of 10 to 1 may be satisfactory. When 
there is little or no center dominance in the low fre- ' 
quency range so that DLpcsis small, it is desirable not to 
cause sliding of the crossover frequency. In such event 
the magnitude of DLPCS applied to ampli?er 436 is 
small, thereby reducing the gain of the ampli?er to zero 
or near zero, which stops the sliding of the crossover 
frequency. A constant voltage Vset is applied to the 
two ?lters to set the crossover frequency at a particular 
value in the absence of dominance of signals for the 
center channel in the low frequency portion. 

After being decoded by the decoders 402, 404, the 
high and low frequency portions of each output signal 
are added together by one of the four summers 442-440 
to yield 4 output signals L’, C’, R’ and S’. For reasons to 
be explained below it is preferable to distribute evenly 
very low frequency signal components among some of 
the channels. For this reason the outputs L’, C’ and R’ 
are ?ltered by ?lters 452-456 whose cutoff frequencies 
match that of the low pass ?lter 474 described below. 
FIG. 10 illustrates yet another aspect of the inven 

tion. This aspect is based on the observation that for 
very low frequency signals, for example signals below 
















